Today, the musical interest of physical modeling synthesis is well defined (e.g., Keefe 1992; Smith 1996) . In particular, time-domain simulation of the physical operation of musical instruments makes it possible to create transitory and perceptive phenomena that are difficult to obtain by other dataprocessing methods. The design of the complete model (including the simplified modeling of the main actions of the player) of a single-reed instrument presented here illustrates the fact that ''a simplified model of a wind instrument produces sound exceedingly similar to that of the actual system'' (Keefe 1992) . Contrary to many approaches where musical application of sound synthesis is the principal objective, the objectives of physical modeling are first to ''test the accuracy of the implicit assumptions and structure of the underlying physical model'' with ''simulation[s] of . . . known instrument-player system [s] ,'' as Keefe (1992) remarks. The second objective is to allow the instrument maker to have an idea of the sound produced by an instrument in a performance situation before the construction of a prototype. The final objective is to be able to design physically unrealizable virtual instruments-for example, a transverse saxophone (Bouasse 1929 )-while remaining in a particular timbre space and keeping the aspect of membership in a family of instruments. The primary emphasis is placed on roughly modeling the components of the instrument as well as significant performance controls.
This article first presents a model of a single-reed instrument based on the principle of modularity: the instrument is built with interconnected elements. This is made possible by an adapted representation of tubes. Next, the model of the single-reed mouthpiece is detailed including the action of the player, including breath, tongue, and lips. The article then presents the tone-hole model including the key or finger motion. Each important element of the model is illustrated by sound examples included in the 2003 Computer Music Journal Sound Anthology.
A Modular Representation of the Instrument
The postulate of modularity is necessary for various reasons. First, it is perfectly adapted to objectoriented programming, of which one of the most important characteristics is flexibility. Second, modularity can be easily applied to the modeling of wind instruments owing to the existence of anticipative elements that connect to lumped elements. (These are both described later.) Finally, modularity holds much potential for evolution and a progressive extension to the entire wind instrument family.
A Representation Adapted to Object-Oriented Programming
In an object-oriented programming environment, each object or class has associated attributes characterizing its structure as well as methods defining its behavior. This object communicates with others by its parameters and public properties, namely, properties seen by the other objects, which must be defined according to a communications standard. On the other hand, the internal working procedure of the object, characterized by its parameters and private properties, can be modified without disturbing the entire model. This allows great flexibility, because one element of an instrument can be changed while maintaining the integrity of the whole model.
For modeling single-reed wind instruments, four objects are distinguished: the mouthpiece and reed, the tube, the tone hole with possible closing by a finger or a key, and the bell (see Figure 1) . Each element has one or two ports, each one being characterized by an input p in and an output p out . Accord-ing to the plane wave approximation at any port, the average pressure p on the cross section S and the volume velocity u entering through this section are given by
where q 0 is the density of the air and c the speed of sound. Each connection of two or more elements is realized by writing the continuity of pressure and conservation of volume velocity. Thus, this constitutes the communication standard between the various elements.
Decoupling of Lumped Elements Via the Anticipative Property of Tubes
A causal discrete-time system is called ''anticipative'' if the outputs can be calculated at least one time step in advance, i.e., if the nth output sample can be calculated from the various variables at sample n-1 and previous samples. Among the elements constituting the wind instrument, the tube presents this anticipative property provided its length is sufficient, that is, larger than c‫ן‬T s , where T s is the sampling period chosen for the entire simulation.
A system such as that shown in Figure 2 exhibits anticipation on the left-hand side if the following can be written: Figure 1 . Four basic modules for building a singlereed wind instrument. Here, we denote the sampled version of any continuous-time signal s complying with the assumptions of Shannon's Theorem as a discretetime signal s* defined for all n by s*(n ) ‫ס‬ s (n T s ).
This leads to both a digital waveguide model (Smith 1986 (Smith , 1992 ) of a cylindrical portion of tube, and, for a two-port model of a tube of varying cross section (Ducasse 2002) , to a linear invariant following system: This makes it possible to obtain the anticipative equation of propagation:
This also enables us to obtain the two connecting equations:
In contrast to the tubes, the other causal elements are regarded as lumped because there is no anticipation. They are characterized by a system of algebraic or differential equations. Consequently, if lumped elements are directly connected one to the other, they merge to form a single lumped element. This is why any connection can include only one lumped element (Smith 1996) . This rule implies the existence of only two types of connections. First, it implies the junction of k tubes, which only linearly redistributes k output signals on k inputs owing to the continuity of pressure and conservation of volume velocity. Second, this rule implies the connection of k tubes to a lumped element: the system of equations representing the inner behavior of this element includes its exchanges with these tubes.
This approach makes it possible to carry out a time-domain simulation according to a calculation performed over two cycles. At each time n, the outputs of all the pieces of tube are first calculated using their anticipative property. Then, the outputs of the junctions and lumped elements, some parameters of which are controlled by the player in the course of time, are calculated. Thus, each output calculated is either the input of a tube or a radiated signal. The numerical decoupling of the lumped elements makes it possible to limit the complexity of the equations to be solved, reducing calculation time and numerical errors.
Potential of Evolution and Generalization to Other Wind Instruments
Modularity and object-oriented programming enable the evolution of these physical models and their generalization to other wind instruments by allowing us to modify modules without changing the total structure or other elements. In addition to the modeling of other types of mouthpiece (e.g., Verge et al. 1994; Verge 1995 for the flute; Barjau and Agulló 1989 for the double reed; Msallam et al. 2000; van Walstijn and Campbell 1999 for brass instruments), one can imagine a non-linear modeling of portions of the tube of brass instruments, taking into account possible shock waves formation (Hirschberg et al. 1996; Msallam et al. 2000) , effects due to a curved bore (Nederveen 1998a) , and modeling of the bell with higher modes calculation and the directivity of the radiated field (Pagneux, Amir, and Kergomard 1996; Amir, Pagneux, and Kergomard 1997; Kemp, Amir, and Campbell 2000) .
The detail of the modeling of the two lumped elements in which the controls of the player are important-namely, the mouthpiece with single reed and the tone hole coupled with the finger/key is provided hereafter and is illustrated by sound examples. For these examples, a simplified model of the bell has been chosen. Here, the bell is modeled as a tube of varying cross section, the open end of which is characterized by the radiation impedance of a cylinder of the same diameter (Levine and Schwinger 1948) . From this radiation impedance, two linear causal invariant filters are calculated. Their common input is the output signal of the tube at the open end. One filter calculates the reflected signal returning into the tube, and the other delivers the transmitted radiated signal, assuming a unipolar radiation.
The Mouthpiece with Single Reed and the Mouth of the Player
The reed is modeled as a harmonic oscillator, usually used with fixed parameters (see, for example, Wilson and Beavers 1974; Gazengel, Gilbert, and Amir 1995) . Here, these parameters are variables that take into account the action of the lower lip as well as the shape of the slit. The reed interacts with the tongue of the player. The flow from the mouth to the inside of the mouthpiece depends primarily on the pressure difference between the mouth and the mouthpiece and of the reed slit opening. In the modeling, one of the difficulties is to separate the quasi-static phenomenon-the flow-from the acoustic phenomenon. The effect of the player's vocal tract is neglected (Backus 1985) . After the description of the model used, simulation results are given in numerical, graphical, and auditory forms.
The Reed Coupled with Lower Lip System
The reed is modeled as a damped spring-mass system of variable mass M( n ), damping G( n ), and stiffness K( n, n eq ), where n is the reed slit opening (see Figure 3) , which results in the following differential equation:
Here, n eq represents the reed opening at rest.
In fact, this equation includes the influence of both the lower lip of the player and the shape of the slit. In particular, n eq depends on the pressure exerted by the player's lip. The damping is considered to be mainly caused by the lip, because when players grip the reed with their teeth, they inevitably obtain a ''squeak'' where the reed seems to oscillate on one of its eigenmodes (Wilson and Beavers 1974; Boutillon and Gibiat 1996) . On the other hand, the mass M and the stiffness K are primarily related to the density of the reed and its longitudinal Young's modulus. (Consider, for example, the Fibracell reed, which is made of an orthotropic composite material; see Shaffer 1982.) These parameters also depend on the geometry of both the reed and the mouthpiece. The variability of the parameters according to n is in particular used to take into account the ''rolling up'' phenomenon whereby the reed progressively closes on the mouthpiece.
In Equation 7 , the sum of the external forces ͚ ƒ ext includes the force due to the difference in pressure between the two sides of the reed (an equivalent surface S r (n) is considered) and also the action of the tongue. Even if the results obtained seem promising from an auditory point of view, many questions remain on the mechanical behavior of the ''reed‫ם‬lay‫ם‬lip'' system (see, for example, Stewart and Strong 1980; Gazengel et al. 1995) . A modal analysis using finite elements on a viscoelastic model would tend to prove on the one hand that the torsion modes play a role as important as the flexural modes. On the other hand, a modal analysis would show that the phenomenon of rolling up is not inevitably present and that it would thus be necessary to consider a much more complex relationship of contact. This point would require much more thorough work.
The Tongue and Its Interaction with the Reed
The tongue plays an important role in phrasing. It is modeled by a damped spring-mass system, as shown in Figure 4 , whose equilibrium position is controlled. It can touch the reed with a perfectly soft shock: just after the shock, the reed and the tongue form a single system whose momentum is the sum of the two momenta before the shock. An adhesion model is introduced for the separation so that the tongue and the reed separate only if the force that they mutually exert on each other is higher than a given threshold. This threshold, as well as the other parameters of the tongue model, can vary in time in order to obtain various effects of phrasing.
Air and Its Interaction with the Reed

Conservation of Flow
The pressure difference between the mouth of the player p m and the mouthpiece volume p c acts on the reed with a force equal to S r (n) (p c ‫מ‬p m ) and causes a flow u m through the reed slit. Here, u m is an increasing function of both n and the pressure difference ( p m ‫מ‬p c ). It was usually considered in an empirical relation given by Backus (1963) 
where w is the equivalent width of the opening, increasing with n (Stewart and Strong 1980; Hirschberg 1995; Kergomard 1995) . The other involved flows are the flow due to the reed motion u r ‫ס‬ S eq (n ) d n / dt and the flow entering into the mouthpiece u c ‫ס‬ u m ‫מ‬ u r . Because these relations involve total pressures and flows, each one includes both quasi-static and acoustical components.
Separation of Mean Flow and Volume Velocity in the Coupling with the Resonator
In the mouthpiece, the flow entering into the tube (the remaining part of the mouthpiece and body of the instrument) is written , and the to- teristic acoustic impedance, has been carried out, but the study of its effects remains to be done.
Results
Some results were obtained ten years ago at IR-CAM with FORTRAN using a digital waveguide model of the tubes, the formula of Backus for the reed/air coupling, and by solving the non-linear differential equation representing the mouthpiece by the Adams predictor-corrector method of order 4. More recent simulations have been carried out on Mathematica using the Bernoulli equation, employing the Runge-Kutta method of order 4 with constant step. These algorithms were validated in Mathematica before developing an optimized software model.
Squeaks on the Virtual Instrument and the Difficulty in Controlling the Mouth
One of the first sounds generated by the virtual instrument was a ''squeak'' that beginners sometimes obtain on a real instrument owing to the difficulty in controlling the playing parameters. This is illustrated by Sound Example 1, the spectrogram of which is shown in Figure 5 . Here, one can observe between 0 and 1.1 sec, in addition to the prominent reed frequency near 2.9 kHz, the combinations of this spectral peak with the pipe resonant frequencies. This phenomenon is similar to the ''mouth tones'' on the flute (Castellengo 1999) . The reed dy- namic plays a prominent part, as is well known by players and instrument makers, and its driving is as delicate on the virtual instrument as in reality.
Various modes of oscillation, more or less stable, are obtained when the damping of the reed coupled with the lower lip is varied, as illustrated by Sound Example 2 and Figure 6 . With identical parameters, different modes can be obtained depending on what occurred previously. In Sound Example 2, the damping G is gradually increased by a factor of 200 while all other parameters are held constant. Three successive modes of oscillation appear, but when the damping is decreased symmetrically, the oscillation remains stable on the lower mode, which was obtained initially with a high damping. This shows, as confirmed by players, that the attack has an important influence on the sound quality obtained. Various scenarios can be described, for example by the phase diagrams ( p m ‫מ‬p c ) versus flow u c (Figure 6) . A study similar to that of Cullen, Gilbert, and Campbell (2000) would allow determination of the possible modes of oscillation according to the adjustment of the various parameters to facilitate the choice of the driving parameters of the model.
Design of Imaginary Instruments and the ''Radiator'' Network of Tubes
On a musical level, one of the possible applications of physical modeling synthesis is the building of physically unrealizable instruments. An example is the transverse saxophone, for which a theoretical study shows that one must obtain a so-called ''Helmholtz signal'' whose characteristic ratio N is the ratio of the lengths of the two tubes (Dalmont and Kergomard 1995) . During a period T, the value of the rectangular signal is P 0 during NT / (N ‫ם‬ 1) and (-NP 0 ) during T / (N ‫ם‬ 1). It is difficult to realize such an instrument, which requires a mouthpiece volume equal to zero. The simulations represented by Sound Examples 3-5 are in agreement with the theory, and when the length ratio is close to 5, the sound obtained is similar to that of a saxophone. One can also adapt a single-reed mouthpiece to a ''central heating radiator''-type tube network (Sound Examples 6-8).
Importance of the Tongue on the Phrasing
The player can obtain a large range of attacks and articulations by using the tongue. Thus, the modeling of the tongue gives much more realism to the sounds produced. It can be verified that the rough model is sufficient to obtain sound effects characteristic of single-reed instruments (Sound Examples 1, 6, 7, and 8 for a given resonator, and Tracks 9 et seq. for complete models with tone holes).
The Tone Hole and the Finger of the Player
The Model
Many works on open and closed tone holes have been published (e.g., Nederveen, Jansen, and Van Hassel 1998; Keefe 1983; Dubos et al. 1999) . Some of these studies were concerned with the role of the player's finger or the pad of the key (Nederveen 1998b) , sometimes important in playing situations. The formula used by Stewart and Strong (1980) to model the mouthpiece gives the acoustic resistance of a rectangular opening, width l, low height w, and depth d. (Equation 7 in this article refers to the 1957 study by Van den Berg, Zantema, and Doornenbal.) It is roughly adapted for the opening in the shape of ring with a rectangular section located between the cover (pad or finger) and the body of the instrument (see Figure 7) . The acoustical pressure under the cover is denoted by p, and the external acoustical pressure is presumed to be negligible. For the bell, the far-field radiated signal is considered proportional to the flow u a going out the opening. External correction length phenomena are not taken into account. The flow entering into the hole is noted u h , and the displacement of the cover (surface S p ) generates a flow u p in a manner similar to the modeling of the reed. The following equation system is chosen:
where l is the dynamic viscosity coefficient of the air.
Results
With only one tone hole in a cylindrical tube, it was possible to calculate rather realistic sound effects (Sound Example 9) and in particular a glissando (see Figure 8 ) obtained by progressive opening of the key. (Players can well attest to the difficulty of doing this.) The effect of the flow owing to the displacement of the finger or the key becomes obvious if one plays the same fingering without blowing in the instrument (Sound Examples 10 and 16). The instrument then functions in free oscillations. In Sound Example 11, a melody line emphasizes, on a clarinet with five tone holes, a typical characteristic of the timbre of the clarinet in the case of a very fast succession of open/closed fingerings. The chromatic scale of Sound Example 12 required the modeling of the 20 main tone holes of a clarinet; the absence of phrasing renders it not very spectacular despite the complexity of the model directly drawn from geometrical measurements of a real instrument. Some interpretations of Henry Mancini's theme from the movie The Pink Panther (Sound Examples 13-16), played by a virtual beginner on a virtual bass clarinet highlight the effects obtained with a ''hard'' tongue and poor control of the reed. Finally, some tests on a conical instrument (Sound Examples 17-20, which use digital waveguide modeling) accentuate particular difficulties of stability, overblowing, and other well-known playing problems on instruments of the saxophone family (Grand, Gilbert, and Laloë 1997) .
Conclusion and Prospects
The results obtained illustrate the fact that in order to obtain high-quality synthesized sounds, it is more relevant to take into account the most important phenomena related to the instrument and the player than to search for a high degree of accuracy in relation to one particular phenomenon. For example, it is less important for the realism of the sound produced to improve the modeling of the acoustical phenomena in the mouth than to model-even in a simplified way-the action of the tongue of the player. The interest and feasibility of the physical modeling synthesis approach for single-reed instruments are confirmed, in particular by the listening to the sounds obtained ten years ago. However, it is necessary to continue improving the models and the algorithms. This work could lead to software development with several goals, one being to provide an additional tool to instrument makers. Sound synthesis applications will require attention to details of real-time interaction and gestural interfacing with the player, well known to the research teams working on the subject (e.g., Cook 1992; Cadoz, Luciani, and Florens 1993) , in particular to overcome the difficulty of driving the models. The extension to other types of excitations (double reed, flute, brass instruments) will have to be carried out. Then, it might be possible to build, starting from physically and perceptively identified elements of the original, virtual instruments sources of unheard sounds. 
